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(54) Receiver with analog and digital channel selectivity 



(57) A radio receiver for receiving radio frequency 
(RF) signals includes an analog down-converting and 
filtering section for down-converting and selecting the 
RF signals to an intermediate frequency signal within a 
frequency range of interest which has a passband and 
a stopband which substantially determine the widest 
bandwidth of operation of the radio receiver. An analog- 
to-digital converter converts the intermediate frequency 
signal to a sampled digital signal. A digital filtering sec- 
tion, responsive to the sampled digital signal, includes 
wideband and narrowband digital filters for providing 
wide bandwidth and narrow bandwidth baseband quad- 
rature output signals for a wide bandwidth of interest and 
a narrow bandwidth of interest within the frequency 



range of interest, respectively The wideband digital fil- 
tering is designed to only provide a modest amount of 
additional stopband attenuation with a significantly 
sharper transition band rolloff from passband to stop- 
band. When this limited digital filtering is applied to the 
signal that has already been subjected to the analog fil- 
tering, the selectivity of the overall receiver frequency 
response is improved. The receiver may be used for 
multi-bandwidth operation by simply adding digital filter- 
ing to define any narrower passband of interest. This 
allows bandwidth switching to take place without any 
changes to the analog circuitry Simultaneous process- 
ing of both wide and narrow modes of operation may be 
done in the digital signal processor(DSP) performing the 
digital filtering. 
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Description 
Technical Field 

This invention relates to radio receivers, and more particularly to a radio receiver having improved channel selec- 
tivity. 

Background of the Invention 

Before the advent of digital signal processing (DSP), all selectivity in a radio receiver was provided by analog 
filters. The signal, or pass band, of interest was selected by analog filter devices that attenuated all other signals. These 
analog filter devices typically take the form of crystal networks, ceramic resonators, and more recently Surface Acoustic 
Wave (SAW) devices. 

Receivers using only analog signal processing are still common because of cost considerations. Digital channel 
filtering can be computationally expensive if it seeks to duplicate the high level of undesired signal rejection available 
in analog filters. A multi-bandwidth receiver using only analog filtering is described in U.S. Patent No. 5,020,092. This 
receiver has two bandwidth settings which are selectable by applying the signal of interest to one of two analog filters. 

As DSP costs decline, more of the channel filtering is being done with digital processing. Some solutions use 
almost exclusively digital processing. For example, a "Digital Downconverter" IC (HSP50016) manufactured by Harris 
Corp. provides all of the stopband rejection within many megahertz of the signal of interest. This is a computationally 
expensive solution because it requires the digital filtering to completely define the stopband at a high sample rate. It 
requires on-chip DSP hardware dedicated to performing the required high-rate, high-order filtering. 

The combination of older analog filtering with newer digital filtering is known. U.S. Patent No. 4,803,700, for ex- 
ample, teaches this combination for use in a single-bandwidth receiver, where the ultimate rejection of the stopband 
is defined, at various frequencies, by both analog and digital filtering for this single bandwidth. The stopband of the 
digital filtering still needs to be very well-defined. This patent does not teach multi-bandwidth operation and is not well 
suited for that mode of use. 

The replacement of the second intermediate frequency (IF) filter (usually 450 or 455 kHz) with DSP filtering to 
make multi-bandwidth operation easier is also known. Such a configuration is described in Application Note AN- 301 , 
published by Analog Devices, Inc. This configuration does not use an analog filter to define the stopband of the pass- 
band of interest. Thus, no consequent reduction in DSP processing is realized. 

There therefore exists a need for a low cost, high quality selectivity radio receiver wherein multiple passbands of 
interest are selectively defined. It would be desirable if such a receiver could utilize the low cost selectivity associated 
with an analog filter with the improved frequency response associated with a digital filter. 



Summary of the Invention 

Objects of the invention include the provision of a radio receiver having low cost, high quality selectivity for multiple 
passbands of interest. 

A further object of the invention is to provide such a radio receiver which utilizes the low cost selectivity associated 
with analog filtering in combination with improved frequency response provided by digital filtering. 

A still further object of the invention is to provide such a radio receiver wherein the closest alias is separated from 
the signal of interest by several analog filter bandwidths to thereby improve signal quality. 

Another object of the invention is to provide such a multi-bandwidth receiver where the additional selectivity of a 
narrower bandwidth setting is implemented by additional digital filtering with no changes to the analog signal processing. 

According to the present invention, a radio receiver for receiving radio frequency signals includes an analog down- 
converting and filtering section, responsive to the received radio frequency signals, for down-converting and selecting 
the received radio frequency signals to an intermediate frequency signal having a frequency within a frequency range 
of interest, the frequency range of interest having a passband and a stopband which substantially determine the widest 
bandwidth of operation of the radio receiver; an analog-to-digital converter for converting the intermediate frequency 
signal to a sampled digital signal; and a digital filtering section including wideband digital filters for providing wide 
bandwidth baseband quadrature output signals for a wide bandwidth of interest within the frequency range of interest 
and narrowband digital filters, responsive to the wideband baseband quadrature output signals, for providing narrow 
bandwidth baseband quadrature output signals for a narrow bandwidth of interest within the frequency range of interest. 
The combination of analog filters defines a frequency range of interest, the frequency range of interest being further 
defined with a limited amount of digital filtering. The digital filtering is designed to only provide a modest amount of 
additional stopband attenuation with a significantly sharper transition band rolloff from the passband to this stopband. 
When this limited digital filtering is applied to the signal that has already been subjected to the analog filtering, the 
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selectivity of the overall receiver frequency response is improved. 

The digital filtering also serves to limit aliased noise. Without it, the quantization noise generated after the analog 
filtering would alias into the passband of interest. For frequencies that are several bandwidths away from the signal of 
interest, the analog filtering will almost completely define the undesired signal rejection. At these frequencies, the digital 
5 filtering only needs to attenuate the quantization noise. The attenuation is just enough to prevent significant degradation 
of the overall noise figure. 

According further to the present invention, the digital filtering section further includes a first digital filtering stage, 
responsive to the sampled digital signal, for providing quadrature-related output signals, and a numerically controlled 
oscillator and modulator, responsive to the quadrature-related output signals, for shifting a frequency of said quadrature- 

io related output signals to baseband, thereby providing baseband quadrature signals to the wideband digital filters. The 
first digital filtering stage implements, in part, a moving average having unity weighting coefficients which have been 
modulated by a complex exponential to thereby shift the center frequency of the first digital filtering stage from baseband 
to a center frequency of a signal of interest. 

In further accord with the invention, the analog filtering provides more than fifty percent (50%) of the signal rejection 

*5 of the receiver, and the processing burden of the digital filtering is considerably reduced because the analog filtering 
establishes the basic bandwidth and ultimate rejection. This allows the digital filtering to efficiently sample the signal 
of interest at a high rate relative to its bandwidth. This lowers the level of quantization noise in the passband of the 
signal of interest by spreading the quantization noise energy across a wider frequency spectrum. 

The high sampling rate also moves the closest alias further away from the signal of interest, so that the alias can 

20 be better rejected by the analog filtering. The analog filtering has good ultimate signal rejection, but its frequency 
response rolls off gradually to this ultimate-level. Thus the higher sampling frequency of the digital filtering helps the 
anti-aliasing function of the analog filtering. Utilizing the analog filtering to provide more than half of the receiver signal 
rejection allows the digital filtering to be implemented utilizing a less expensive digital signal processor (DSP), thereby 
providing a significant advantage over the prior art. 

25 in still further accord with the invention, the receiver may be used for multi-bandwidth operation by simply adding 

digital filtering to define any narrower passband of interest. The analog filtering largely defines the selectivity of the 
widest bandwidth of operation for the receiver. Narrower bandwidth operation relies on additional digital filtering. This 
allows bandwidth switching to take place without any changes to the analog circuitry Simultaneous processing of both 
wide and narrow modes of operation may be done in the digital signal processor (DSP) performing the digital filtering. 

30 The present invention provides a significant improvement over the prior art. The majority of a receiver's widest 

channel selectivity is defined by inexpensive analog filtering followed by limited digital filtering to compensate for im- 
perfections and limit noise generated after the analog filter. This additional digital filtering is easily implemented with 
a limited stopband attenuation relative to the analog filtering that preceded it. The digital filtering is done at a fairly high 
sampling rate relative to the bandwidth of the received signal, so that the closest alias is separated from the signal of 

35 interest by several analog filter bandwidths. This allows the analog filtering to have wide transition band rolloff to a high 
level of ultimate undesired signal rejection, as is characteristic of many analog filters. The receiver may be implemented 
as a multi-bandwidth receiver where the additional selectivity of a narrower bandwidth setting implemented by additional 
digital filtering, with no changes to the analog signal processing. 

The foregoing and other objects, features and advantages of the present invention will become more apparent in 

to light of the following detailed description of exemplary embodiments thereof as illustrated in the accompanying draw- 
ings. 

Brief Description of the Drawings 

45 Fig. 1 is a schematic block diagram of the receiver of the invention, showing the combination of analog and digital 

filtering; 

Fig. 2 is a schematic block diagram of a section of the receiver of Fig. 1 that uses analog signal processing; 
Fig. 3 is a schematic block diagram of a section of the receiver of Fig. 1 that uses digital signal processing; 
Fig. 4 is a schematic block diagram of a first digital filter used in the digital signal processing section of Fig. 3; 
so Fig. 5 is a schematic block diagram of the numerically controlled oscillator/modulator used in the digital signal 

processing section of Fig. 3; 

Fig. 6 is a Z-plane plot of a first sampling frequency space, showing how the signal bandwidth of interest lies within 
this space; 

Fig. 7 is a Z-plane plot of a second sampling frequency space, showing how the signal bandwidth of interest has 
55 been selected and aliased into this smaller frequency space; 

Figs. 8, 9, and 10 show plots of the simulated frequency responses of the first decimating filter and the wide and 

narrow channel filters across the Nyquist bandwidth of the input sample rate, respectively; 

Figs. 11 and 12 show the simulated frequency response of the combined digital filtering with decimation for wide 
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and narrow modes of operation, respectively: 
Figs. 1 3 and 1 4 show the frequency response of the combined digital filtering with decimation for wide and narrow 
modes of operation, respectively, for a prototype receiver utilizing the filtering of the present invention and 
Fig. 15 shows the simulated frequency response of the wide-bandwidth digital filtering after aliasing into the dec- 
imated frequency space. a 

Detailed Description of the Invention 

The radio receiver of the invention is particularly well suited for providing low cost, high quality selectivity for multiple 
passbands of interest. Referring to Fig. 1 , a radio frequency (RF) signal from an antenna 20 is downconve'ed !rom 
RF to a 450 kHz second intermediate frequency (IF) with a conventional analog downconverter 100 The 450 kHz 
downconverted signal of interest is then provided to an analog-to-digital converter (ADC) section 200. including an 
tend S T^l h C ° nVer,e 1 t0 3 Sampled dj 9 ital si 9 nal The sam P |ed digital signal is then downconverted to base- 
, 9 TT^T' action 300. The digital downconverter section 300 performs limited digital filtering 
of the signal in a w.de bandwidth mode of operation. An additional digital filtering section 400 defines the selectivity o^ 
£f L?iH ei K er IT'™* b8 " dwid,h mode of operation. The receiver provides quadrature baseband outputs for both 
the wide bandwidth signal, at l w and Q w , and the narrow bandwidth signal, at l N and Q N 

The sections of the receiver described briefly with respect to Fig. 1 will now be described in more detail with respect 

L° !? S Z T 9 5 Si9na ' f '° W Wi " b8 described darting from the antenna 20 and concluding with the wide 
bandwidth output s.gnals, l w and Q w , and narrow bandwidth output signals IN and Q N 

Referring now to Fig. 2, the path taken by the signal from the antenna input 20 to the ADC 250 will be explained 
The RF signal of interest is ,n this case within the cellular phone band, ranging from 824 to 849 MHz This signal is 
converted down to a 45 MHz first IF by a conventional analog downconverter 110. The downconverter 11o!s tunab e 
so that the signal of interest has a 45 MHz difference product at the output of the downconverter 110 There will also 
be a sum product with a frequency of about 1700 Mhz at the output of the downconverter 110 

thP l^^r^n P T dB6 T 45 MHZ b3ndpaSS fil,6r (BPF) 120 This fi,,er 120 eliminates the sum product of 
L^ZTi ? UndeSifed Si9nal ener9V The filt6r 120 may be a four -P° le mo ™' itbic crystal 

I e w issT, ^11° T T ?! P !f Sb3nd 10 8 hi9h ' eVel ° f Und6Sired Si 9 nal re i ection The P^band oTthis 
filter 120 is set equal to the widest bandwidth of operation of the receiver. 

a ^1? I" ^f" P T id6d t0 3 doub| y- balanced mixer 140. A local oscillator port 142 of this mixer 140 is fed by 
a 4£U50 MHz local oscillator (LO) 130. This local oscillator signal may be generated for example by an auxiliary 
synthesizer on a synthesizer IC, for example the SA7025 manufactured by Philips Semiconductors The signal 

L n ndTsnTM earS 31 , 6 145 ° f miX6r 140 35 3 SUm and difference P roduct havin 9 frequencies of 90 900 MHz 

xf . £" , r i ! SpeC,IVely These P roducts are Prided to an amplifier 150 and a second analog filter 160 

while HhV£ ?cSn^2 5dUOt H° f T 1 " 8 ' U0 5 a r mPlifi6d S6leCted by thS ampNfier 150 and ,he second anal °9 filter 160 
while the 90.900 MHz product is rejected. The second analog filter 160 may be a six-pole ceramic resonator This type 

o hPfi^n T n, P tr fo n n Slti °!l 'L° m PaSSband ,0 3 re ' atiVely Sha " OW St ° pband The combined frequency response 
mrSfrL analog . ^ ^ ^ ^ 160 *** 3 relatively stee P transition fr °™ the passband to a 

TrTn f , h eeP ° P ■ ' Wh ' Ch th6n r0 " S ° ff 9radUa " y ,0 3 V6 ^ deep ul,imate re i ection The close-in stopband 
gSTde^aH he'rein"™ """^ ^ ^ ^ me " n9 ' 8SpeCia " y fN,erS 310a and 310b in Fi 9- 3, as described in 
The output of the second analog filter 160 is amplified by a second amplifier 170 to thereby provide a 450 kHz 

Zt 0 , ln H 6reSt, | I 450 ,™ 8 !f° Si9na ' ° f in,6reSt ' IF450 ' iS pr ° Vided 10 one input 241 of a summing junction 240 
2?£hT? ' ? SUmminQ jUnCti ° n 240 are b ° th im P leme "ted by op-amp circuits. The other input 

243 to the summing ,unction 240 comes from a dither generator 260 made up of a white noise generator 210 a lowpass 
filter 220, and an amplifier 230. The output of the summing junction 240 is provided to the ADC 250 ' 

The dither -generator 260 adds a filtered noise signal to the summing junction 240 to randomize the quantization 
when mT ^ ^° ^ ^ ^ error will concentrate into distinct di^rtSSS 

znZZl ,? Str ° n9 t s 'gnals appear at the input of the ADC 250. The dither provided by the dither generator 260 
nf out these ?° n Pr ° dUCtS aCr ° SS the 6ntire NyqUiSt bandwidth o» the discrete-time system. The combination 
of dither and oversampling extends the dynamic range of the ADC 250 beyond its normal quantization noise floor bv 
approximately 10 dB. This oversampling will be described below with respect to Fig 6 

Hpn J be th Wh ; te 9 en f rator 21 0 uses a pseudorandom number generator to produce a random signal with a spectral 
density that extends well into the Nyquist bandwidth of the discrete-time system. The lowpass filter 220 attenuates the 

bv the P AOr So tIT ' ^r^n 8 reaCh6d th6 freqU8nCy ,0 WhiCh ,he Si9nal of interest wi " alias w hen sampled 
1^ 2S ° t T J e '°wpass filter 220 may be implemented for example with a MAX295 eighth-order Butterworth 
sw.tched-capacitor filter, manufactured by Maxim Integrated Products. The filter 220 is clocked at a rate of 1 5 MHz to 
have a cutoff frequency of 30 kHz. 
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The dithered 450 kHz signal is then sampled and converted into a binary word by the ADC 250. The ADC 250 is 
clocked by a 375 kHz sample clock with a serial clock frequency of 6 MHz. A suitable 12-bit ADC is the LTC1400, 
manufactured by Linear Technology, Inc. The 450 kHz signal is aliased to 75 kHz by the sampling operation to thereby 
provide a 75 kHz sampled signal IF 75 . This aliasing will be described in more detailed with respect to Fig. 6. The 1 2-bit 

5 data word representing this aliased signal of interest is provided to the digital signal processor section 300 (Figs. 1 
and 3) where the remaining operations are performed. 

Referring to Fig. 3, the digital signal processing section 300 takes IF 75 , the 75 kHz alias of the 450 kHz sampled 
signal, down to baseband while defining the selectivity for wide bandwidth operation. The additional digital filtering 400 
for narrow bandwidth operation is also shown. Because the majority of the channel selectivity is defined by the analog 

10 filtering, the digital processing may be implemented by a single digital signal processor (DSP). For example, both the 
digital signal processing section 300 and the additional digital filtering 400 may be implemented with an ADSP-2115, 
manufactured by Analog Devices, Inc. 

The sampled signal IF 75 is provided to a scaling and offset correction stage 305 where the 12-bit word from the 
ADC 250 is scaled up to a 1 6-bit word representing the full numerical range of the DSP 300. Any DC offset in the signal 

i5 is removed by simply adding the current sample to the inverse of the previous sample with a single-tap finite impulse 
response (FIR) filter. This DC offset correction stage implements a single transmission zero at DC. 

The offset-corrected sampled signal IF AC is provided to a first digital filter 310 including a pair of decimating FIR 
filters 310a and 310b. These filters 310a, 310b implement a moving average (and image rejection) whose center 
frequency has been moved from baseband to near the 75 kHz alias of the signal of interest. The operation of these 

20 filters will be described in more detail hereinafter with respect to Fig. 4. These filters 310a, 310b produce an output for 
every eighth input sample. This decimation by eight is represented by decimators 320a and 320b. 

The decimated output of the filters I A and Q A is a pair of quadrature-related signals. The complex -valued information 
conveyed by these signals is provided to a numerically controlled oscillator and modulator (NCOM) 330. This NCOM 
330 shifts the frequency of the decimated output at l A and Q A to baseband. This will be described in more detail with 

25 respect to Figs. 5 and 7. Once the signal of interest has been decimated, filtered, and shifted to baseband by the 
functions in blocks 310a, 310b, 320a, 320b, and 330, respectively, it can be lowpass filtered to define the passband 
of interest. The baseband signal paths l B and Q B are split and provided to wide channel digital filters 340a, 340b and 
narrow channel digital filters 410a and 410b for wide and narrow bandwidth operation, respectively. 

For the narrow mode of operation, the signal is decimated by two after the narrow channel filtering is applied. The 

30 narrow channel filters 410a and 410b produce an output for every other input sample. This decimation is represented 
by decimators 420a and 420b. 

Referring to Fig. 4, in the first digital filter 310 including the decimating FIR filters 310a and 310b, the sampled 
digital signal IF 75 is provided to an autobuffer feature 311 of the digital signal processor which allows input samples to 
be written to a buffer memory without interrupting the execution of the DSP code. When the autobuffer 311 is full, the 

35 DSP code will be interrupted and the contents of the autobuffer 311 will be processed. 

The autobuffer 311 used in filters 310a and 310b holds eight input samples. The eight input samples are provided 
from the autobuffer 311 to a sixteen (16) sample filter delay line 312. The eight input samples from the autobuffer 311 
replace the oldest eight input samples in the filter delay line 312. The DSP then performs a sum of products on the 
eight input samples and the previous eight input samples. This decimates the input sample rate by a factor of eight 

JO while filtering out the image of the real-valued input signal and undesired signals that would alias along with the desired 
alias. When the autobuffer 311 is full, the filter 31 0a produces a real output l A by multiplying the filter delay line samples 
by respective real coefficients 313a. The filter 310b produces an imaginary output Q B by summing the filter delay line 
samples weighted by respective imaginary coefficients 313b. 

The coefficients 313a and 313b used in filter 310 are the result of a convolution of samples from two individual 

45 filters. The first filter is a Hilbert transform pair that rejects the image of the signal of interest. The second filter is a 
moving average modulated by a complex exponential signal. The frequency of this complex exponential signal is the 
frequency to which the moving average filter's frequency response is shifted. The modulated moving average rejects 
undesired aliases of the signal of interest after the decimation following filters 31 0a and 31 0b. The frequency responses 
of these two filters are cascaded into a signal filter by a convolution of the impulse responses of each individual filter. 

50 The shifting frequency of the complex exponential signal is set slightly lower than the 75 kHz alias of the signal of 

interest. This flattens the passband of the cascaded frequency response of the DC offset correction section 305 and 
the first decimating filters 310a and 310b. The lowered shifting frequency also equalizes the stopband attenuation on 
the two sides of the passband. A desirable shifting frequency has been found to be 90% of the 75 kHz aliased signal 
of interest. 

55 The 75 kHz input IF 75 to the filters 310a and 310b is aliased to -18.75 kHz after the 8:1 decimation. For the signal 

of interest to be filtered using lowpass filters, the aliased signal at l A and Q A needs to be shifted to baseband. This is 
done by NCOM 330, whose operation will now be described with reference to Fig. 5. The complex input signal is 
multiplied by a complex numerically controlled oscillator (NCO) signal having a frequency of +18.75 kHz. The product 
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of the -18.75 kHz input signal and the +18.75 kHz NCO signal will be at baseband 

anH ™ e COmpleX NC ,° si 9 nal is generated by a sine look-up table 334. This look-up table 334 contains both the real 
foTor 9 9 ;Zu, S a amP,eS f ° Ur CyC ' eS °' 3 COmP ' eX eXP ° nen,ial Si9naL The NC ° fre ^- c V is obtained from the 

NCO frequency = 46.875 kHz sample rate * 4 cycles / 10 samples = 18.75 kHz 

Wi.h T ^h ddreSS '° ?° k " UP ta , b ' 8 334 iS 9enerated in a P eriodic 'ashion by a 20-step circular address counter 332 
W.th each new complex sample, l A and Q A , the counter will increment by two addresses. When the address reaches 
he end of the look-up table, it will reset to zero. Two outputs from the look-up table 334 are needed one real and one 
imaginary. These outputs require two addresses, the second being one (1 ) sample greater than the £rst 

The first output of the look-up table 334 is provided to the real NCO output, l Nrn throuoh a aate 336 Thk n *t e ic 
selected by a test node 335 if the offset is zero (even). If the offset is not zero^oo^^aj^^i^ 
of the look-up table to the imaginary NCO output, Q Nco . through a gate 337 P 
The complex baseband outputs l B and Q B are produced from the product of the complex input siqnals U and Q 
and NCO signals l NCO and Q NCO according to the well known mathematical rule: ° A 

20 

Ib+JQb =(I A +jQ A )(I NCO+ jQ Nco) 

25 = IaIn co + jI A Q N co + jI N co Q a + j 2 Q A Q NCO 

= ( Unco - QaQ NC o ) + j ( I A Q NCO + I ncoQa } 
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resDlSv P 6 r .v d T C hP Hife 3 ^ Qa S NCO ' ! NCh Pr ° dUCe thS feal ° U,pUt ' B are im P le mented by multipliers 338a and 339a, 
espectively. The d.fference ,n the products ,s implemented by summing junction 340a The products I Q and 
W3 A which produce the imaginary output Q B are implemented by multipliers 338b and 339b. n^SJetfrnS -™ 
of the products is implemented by summing junction 340b fcpeuuveiy. ne sum 

Pin r^ h frequen 7 tr f Nation of the signal of interest to baseband will now be discussed, beginning with reference to 

a thfs ITc Z hi! ,he H Z -P ,an ? h freqUenCy SpaCe M by sampling of ADC 250. The'penJic signal present 

SX* Z^^" c,rc,e Uv wi,h zero frequency be,n9 the ri9ht most point 8i on this circ,e ' and 

The signal of interest SOI w or SOI N at tuning frequency f, is mapped onto this frequency space after one full rotation 

M^h' T ^r 1 " t3ken by 3 Si9nal Wh ° Se ,reqUenC * increases f rom baseband £ to the tun ng C e-v 

, .8 shown by the sp.ral S. The full rotation of this spiral represents the aliasing of the signal of interest IF 7) onto a 
lower frequency (IF 75 ) by the sampling of ADC 250 ( 45o) l ° 3 

filterl^Oa a^^!^^"^ ^f? 9 beC3USe * '* d6Cima,ed by a faCtor of ei 9 ht in the ^ decimating 
niters 310a and 310b. This causes the unit circle U, to be divided into eight equal aliasing reqions AR -AR starting 

with a section AR 0 that straddles baseband B v A signal in any one of Lse" aliasing e"^' ".^^ mapped o a 

corresponding point within the baseband aliasing region AR 0 . The signal of interest SOI w or SOU straddles alias^a 

ro . Fi 9 fl ^ shows the frequency space of aliasing region AR 0 . This frequency space is formed by the edqes of aliasina 

hif," ,? 0 f 9 t098ther in, ° 3 Sma " er Un " CirC ' e A " Si 9 nals in the ^ '-quency space of F ? 6 ^ nto 
this smaller frequency space by the decimation of filters 310a and 310b 

AR t ITsl^rnL^TnV** a '!! Sed 319081 ° f in,6reSt Stradd ' eS thS 6d9eS ° f the baseband aliasin 9 ^gion 
^neseomen ASO o aS? ^ ^ C ° m6 '° 9ether 3nd the Si9nal is " OW presented by a continuous 

ine segmen ASOIw or ASOI N . This s.gnal almost straddles the Nyquist limit f N2 of the lower sampling rate and needs 
to be translated to baseband B 2 . This is done by the NCOM 330, described herein with respect to Fig 5 Ser comotex 

sre^ 

Figs. 8, 9 and 10 show simulated frequency response plots of the first decimating filter, and the wide and narrow 
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channel filters, respectively. The frequency span of these plots is the Nyquist bandwidth of the input sample rate, 
extending from -187.5 kHz to 187.5 kHz. The first decimating filter frequency response, shown in Fig. 8, has a null at 
each frequency which would alias into the same frequency as the signal of interest. A null region is also present at the 
image of the signal of interest. A simple and efficient filter is used to provide a limited amount of stopband rejection for 
5 reduction of aliased noise and to reject the image of the real valued input signal. 

The coefficients of this filter are obtained from MATLAB® code (obtained from MATLAB® signal processing soft- 
ware available from The MathWorks, Natick, MA) disclosed in the following table: 

fs1 = 375E3: % Input sampling rate 
io ft = 75E3; % shifting frequency 

% First decimating filter 310a and 310b 
N=16; 

% Number of filter taps 
N1=8; 
N2 = N-N1: 
% Hilbert transform pair 

b1 = remez(N2,[0.9*ft 1. 1 *ft]/(fs1/2), [1 1], 'Hilbert'); 
b1 = [zeros(1,N2/2) 1 zeros(1 ,N2/2)] + j*b1; 
20 % Modulated moving average 

b2 = exp(j*2*pi*ft/f.s1*(1:N1)); 
b2 = b2 VIM; 
b = conv(b1,b2); 



Fig. 9 shows the simulated frequency response of the wide channel filter. The stopband is very loosely defined, 
providing just enough stopband attenuation to limit the noise generated after the analog filters which falls outside the 
passband of interest. A tightly defined stopband is not needed for the wide channel filter because the analog filtering 
will have already defined the wide-bandwidth selectivity of the signal by the time it reaches the wide channel filter. Thus 
a simple and efficient filter may be used. 

This frequency response was obtained from an eight-tap FIR filter. The coefficients of this filter were designed 
using the Remez exchange algorithm, available in the MATLAB® Signals & Systems Toolbox, with the passband weight 
given four times the constraint of the stopband. 

Fig. 10 shows the simulated frequency response of the narrow channel filter. This filter needs to define the adjacent 
channel selectivity of a narrow bandwidth signal because these adjacent channels fall within the passband of analog 
filtering. The stopband of the narrow channel filter can be less tightly constrained at the beginning of the wide channel 
filter stopband. At this point, the preceding analog filter, first decimating filter, and wide channel filter provide the atten- 
uation of undesired signals. 

This frequency response was realized from a 64-tap FIR filter The stopband of this filter is less tightly constrained 
after the beginning of the wide channel filter stopband, as described above. The coefficients of this filter are obtained 
from the MATLAB® code disclosed in the following table: 



fs1 = 375E3; % Input sampling rate 
fs2 = fs1/8; % Decimated sampling rate 
fbww = 9E3; % Half of wide bandwidth of interest 
fstw = fs2/2-fbww; % Lower edge of wide channel stopband 
fbwn = 3.5E3: % Half of narrow bandwidth of interest 
fcsn = 10E3; % Narrow bandwidth channel spacing 
fslop = 800; % Frequency slop 
50 fstn = fcsn-fbwn-fslop; % Lower edge of narrow channel stopband 

fbwn = fbwn + fslop; % Adjust passband for slop 

% Design narrow channel LPF 410a and 410b FIR using Remez exchange 
N = 64; % Number of filter taps 
% Define frequency bands for Remez exchange FIR 
sep = 1E3; 

f = [0 fbwn fstn fstw fstw+sep (fs2/2)] ./ (fs2/2); 
M = [1 10000];% Magnitudes 
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(continued) 

W = [1 1 0.02]; % Weights 

% Calculate FIR coefficients with Remez exchange 
5 b - remez(N-l,f,M,W); 

While an FIR implementation of the narrow channel filter is preferred, an MR filter may also be used Obviously, 
no narrow channel filter is used at all in an embodiment having only a single bandwidth. 

Figs. 1 1 and 1 2 show the simulated frequency response of the combined digital filtering with decimation for wide 
and narrow modes of operation, respectively. Figs. 13 and 14 show the frequency response of the combined digital 
filtering with decimation for wide and narrow modes of operation, respectively, for a prototype receiver utilizing the 
digital filtering of the present invention. In the wide bandwidth mode of this example, approximately 15 to 20 dB of 
attenuation is provided by the digital filtering. In contrast, approximately 50 dB of attenuation is provided by the analog 
filtering. The overall attenuation provided by the receiver may be designed to meet a desired specification such as 
the specification for a radio receiver in a cellular telephone base site, specification IS-20A. This specification includes 
a requirement of 60 dB of rejection beyond the adjacent channel. 

Fig. 15 shows the simulated frequency response of the digital filtering in the wide bandwidth mode of operation 
after aliasing. The aliased noise is attenuated but not fully rejected by the digital filtering. The sum of all aliased noise 
only slightly degrades the overall noise figure of the receiver. 
20 The clock frequencies for the switched-capacitor lowpass filter, pseudorandom number generator. ADC samplinq 

and ADC serial clocking are preferably obtained by dividing down the DSP clock frequency. This DSP clock is preferably 
obta.ned from the same oscillator that provides the frequency standards for downconverter 1 00 A DSP clock f requencv 
of 24.000 MHz has been found to serve well for this purpose. 

While the embodiment described above uses a 450 kHz IF frequency before the ADC 250, another common IF 
requency such as 455 kHz may also be used. The invention is not limited to any particular IF frequency. The 450 kHz 
frequency was described simply because it enabled the use of an auxiliary synthesizer to act as the local oscillator 
130. This auxiliary synthesizer is a feature of an SA7025 synthesizer IC which may be used in the downconverter 100 

While the invention has been described above with respect to a preferred embodiment, it will be obvious to one 
of ordinary skill in the art that a receiver conforming to the spirit and scope of the invention may be constructed in ways 
other than that described herein. In particular, discrete-time frequency translation and filtering may be accomplished 
with many known DSP architectures other than that described above while still retaining the benefits of the invention 
Thus, the invention is to be considered as limited only by the scope of the appended claims. 



35 Claims 
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1. A radio receiver for receiving radio frequency signals, comprising: 

analog down-converting and filtering means, responsive to the received radio frequency signals for down- 
converting and selecting the received radio frequency signals to an intermediate frequency signal having a 
frequency within a frequency range of interest, said frequency range of interest having a passband and a 
stopband which substantially determine the widest bandwidth of operation of the radio receiver: 
an analog-to-digital converter, responsive to said intermediate frequency signal, for converting said interme- 
diate frequency signal to a sampled digital signal; 

wideband digital filtering means, responsive to said sampled digital signal, for providing wide bandwidth base- 
band quadrature output signals for a wide bandwidth of interest within said frequency range of interest and 
narrowband digital filtering means, responsive to said wide bandwidth baseband quadrature output signals 
for providing narrow bandwidth baseband quadrature output signals for a narrow bandwidth of interest within 
said frequency of interest. 

2. A radio receiver as claimed in claim 1 , wherein said analog down^onverting and filtering means provides more 
than half of the signal attenuation for received radio frequency signals outside of said frequency range of interest. 

^ 3. A radio receiver as claimed in claim 2, wherein said analog down^onverting and filtering means includes: 

a first analog filtering stage having a bandwidth equal to a widest desired bandwidth of operation of the receiver 
and 
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a second analog filtering stage following said first analog filtering stage, said second analog filtering stage 
having a bandwidth and frequency response such that the combined frequency response of said first and 
second analog filtering stages substantially define said frequency range of interest. 

4. A radio receiver as claimed in claim 3, wherein a center frequency of said second analog filtering stage is 455 kHz. 

5. A radio receiver as claimed in claim 3, wherein a center frequency of said second analog filtering stage is 450 kHz. 

6. A radio receiver as claimed in claim 3, wherein said wideband digital filtering means comprises: 



a first digital filtering stage, responsive to said sampled digital signal, for providing quadrature-related output 
signals; 

a numerically controlled oscillator and modulator, responsive to said quadrature-related output signals, for 
shifting a frequency of said quadrature-related output signals to baseband, thereby providing baseband quad- 
's rature signals; and 

a pair of wide channel low pass filters, each responsive to a respective one of said baseband quadrature 
signals, for providing said wide bandwidth baseband quadrature output signals. 



7. A radio receiver as claimed in claim 6, wherein said first digital filtering stage implements: 

a moving average having unity weighting coefficients which have been modulated by a complex exponential 
to thereby shift a center frequency of said first digital filtering stage from baseband to a center frequency of a 
signal of interest; and 

rejection of the image of a real-valued input signal to said first digital filtering stage. 

8. A radio receiver as claimed in claim 7, wherein said narrowband digital filtering means includes a pair of narrow 
channel low pass filters, each responsive to a respective one of said wide bandwidth baseband quadrature output 
signals, for providing said narrow bandwidth baseband quadrature output signals. 

30 9. a radio receiver as claimed in claim 8 f wherein said narrow and wide channel low pass filters are selectively 
replaceable for modifying said narrow bandwidth of interest and said wide bandwidth of interest, respectively, within 
said frequency range of interest. 

10. A radio receiver as claimed in claim 6, wherein said narrowband digital filtering means includes a pair of narrow 
35 channel low pass filters, each responsive to a respective one of said wide bandwidth baseband quadrature output 

signals, for providing said narrow bandwidth baseband quadrature output signals. 



11. A radio receiver as claimed in claim 10 ; wherein said narrow and wide channel low pass filters are selectively 
replaceable for modifying said narrow bandwidth of interest and said wide bandwidth of interest, respectively within 

*o said frequency range of interest. 

12. A radio receiver as claimed in claim 1 , wherein said wideband digital filtering means comprising: 



a first digital filtering stage, responsive to said sampled digital signal, for providing quadrature-related output 
45 signals; 

a numerically controlled oscillator and modulator, responsive to said quadrature-related output signals, for 
shifting a frequency of said quadrature-related output signals to baseband, thereby providing baseband quad- 
rature signals; and 

a pair of wide channel low pass filters, each responsive to a respective one of said baseband quadrature 
50 signals, for providing said wide bandwidth baseband quadrature output signals. 

13. A radio receiver as claimed in claim 12, wherein said first digital filtering stage implements: 



a moving average having unity weighting coefficients which have been modulated by a complex exponential 
to thereby shift a center frequency of said first digital filtering stage from baseband to a center frequency of a 
signal of interest; and 

rejection of the image of a real-valued input signal to said first digital filtering stage. 
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15. 



16. 



17. 



A radio receiver as claimed m claim 1 3, wherein said narrowband digital filtering means includes a pair of narrow 
channel ow pass filters, each responsive to a respective one of said wide bandwidth baseband quadrature output 
signals, for providing said narrow bandwidth baseband quadrature output signals. 

A radio receiver as claimed in claim 14, wherein said narrow and wide channel low pass filters are selectively 
replaceable for modifying said narrow bandwidth of interest and said wide bandwidth of interest, respectively within 
said frequency range of interest. H»^»v«iy, wumn 

A radio receiver as claimed in claim 12, wherein said narrowband digital filtering means includes a pair of narrow 
channel low pass filters, each responsive toa respective one of said wideband baseband quadrature output signals 
for providing said narrow bandwidth baseband quadrature output signals. 

A radio receiver as claimed in claim 16, wherein said narrow and wide channel low pass filters are selectively 
replaceable for modifying said narrow bandwidth of interest and said wide bandwidth of interest, respectively within 
15 said frequency range of interest. ^veiy. wumn 

18. A radio receiver for receiving radio frequency signals, comprising: 

analog down-converting and filtering means, responsive to the received radio frequency signals for down- 
convertmg and selecting the received radio frequency signals to an intermediate frequency signal having a 
frequency within a frequency range of interest, said frequency range of interest having a passband and stop- 
band which substantially determine the widest bandwidth of operation of the radio receiver, said analog down- 
converting and filtering means providing more than half of the signal attenuation for received radio frequency 
signals outside of said frequency range of interest; 
25 an analog-to-digital converter, responsive to said intermediate frequency signal, for converting said interme- 

diate frequency signal to a sampled digital signal; 

selectively replaceable digital filtering means, responsive to said sampled digital signal, for providing output 
signals ,n a selected channel bandwidth within said frequency range of interest, said selected channel band- 
2tnne^ZZT e6 * ° * * Se ' eCt ' Vely rep,aCeable di 9 ital filterin 9 ™*™ having said selected 

19. A radio receiver as claimed in claim 1 8, wherein each said selectively replaceable digital filtering means comprises : 
^ a first digital filtering stage, responsive to said sampled digital signal, for providing quadrature-related output 

S I CJD3 IS , 

a numerically controlled oscillator and modulator, responsive to said quadrature-related output signals for 
mture^gnals^n^ ^ * qUadrature - related out P ut si 9 nals 10 baseband, thereby providing baseband quad- 

a pair of selectively replaceable low pass filters, each responsive to a respective one of said baseband quad- 
rature Sl 9nals, for providing said output signals as quadrature output signals. 

20. A radio receiver as claimed in claim 18, wherein said selectively replaceable digital filtering means comprises; 

wideband digital filtering means, responsive to said sampled digital signal, for providing wide bandwidth output 
signals for a wide bandwidth of interest within said frequency range of interest- and 

narrowband digital filtering means, responsive to said wide bandwidth output signals, for providing narrow 
bandwidth output signals for a narrow bandwidth of interest within said frequency range of interest. 

so o" r t e h C eTeceive a r: 303109 ^ di9ita ' ^ * ^ ** » ^ 
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analog filtering means which provides more than half of the signal attenuation for received signals outside of 
a frequency range of interest for substantially determining the channel selectivity of a widest bandwidth of 
operation of the radio receiver: and 

o!S H eri ? 9 meanS WhiCh com P ensates for imperfections in the analog filtering means and limits a noise 
amplitude of noise generated after analog filtering by the analog filtering means which would alias into the 
frequency range of interest. 
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22. A receiver as claimed in claim 21 , wherein said analog filtering means includes a plurality of analog filtering stages, 
and wherein a center frequency of a last analog filtering stage is 455 kHz. 

23. A receiver as claimed in claim 21 , wherein said analog filtering means includes a plurality of analog filtering stages, 
5 and wherein a center frequency of a last analog filtering stage is 450 kHz. 

24. A receiver as claimed in claim 21 , wherein said digital filtering means includes a plurality of digital filtering stages, 
and wherein a first digital filtering stage implements a moving average whose unity weighting coefficients have 
been modulated by a complex exponential so as to shift a center frequency of said digital filtering means from 

10 baseband to a center frequency of a signal of interest. 
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